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ABSTRACT 

A microprocessor realization for a linear predictive vocoder is 

presented.  The goal was a low power, low cost, compact special purpose 

realization of a narrow band speech terminal. The resultant design is a 

general purpose two bus structure running at a 150 ns cycle time using 

as the basic signal processing element four of the AMD 2901 CPE chips. 

This basic structure is augmented by a four cycle multiplier to allow 

for sufficient signal processing power. The design concessions that 

mark the LPCM as a special purpose machine designed to be a speech terminal 

are:  limited I/O, and limited memory. The present design requires 

162 dual-in-line packages, dissipates less than 45 watts and occupies 

about 1/3 cubic foot. 

in 
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I.       INTRODUCTION - The Design of a Microprocessor Based LPC Vocoder 

For the past several years there has been a trend toward the realization 

of narrow band speech terminals in the form of small general purpose digital 

computers. These computers have been fast enough to run the "real time code" 

necessary to transform them from general purpose computers to speech terminals 

capable of full duplex operation between talker-listener and modem. This 

approach was necessitated by the flux in narrow band speech algorithms during 

this time. As a result of recent work in linear predictive coding (LPC) tech- 

1 2 
niques ' applied to the analysis-synthesis of speech it has become possible 

to specify an LPC approach which produces acceptable narrow band speech in 

the range from 2.4 to 4.8 Kb/s.  In addition, a recent project at Lincoln 

Laboratory provided the opportunity to implement the pertinent LPC code, 

pitch detector code, and data handling code in a very "lean" manner in terms 

of program and data memory use, and efficient real-time operation. This 

previous experience has enabled us to approach the design of a microprocessor 

based LPC vocoder with full knowledge of each subroutine and all timing sequences 

needed for interaction with both the incoming and outgoing audio data as well 

as the outgoing and incoming digital data stream. 

Our starting goals for a microprocessor realized linear predictive 

vocoder were the production of a compact, low power, inexpensive device using 

commercially available integrated circuits.  We were willing to design a 

completely special purpose device  that would implement only the LPC voice 

terminal in an efficient form.  In addition there was no consideration of custom 

large-scale-integration chip use since the costs for a limited vocoder market 



appeared too high, and no small set of chip types seemed adequate.  In effect 

the goal was a benchmark device using only commercial chips whose price 

would drop with the larger commercial market. This benchmark device could then 

be used in larger system designs as a cheap building block, or could be 

modified and expanded to include modem and other functions. 

Starting with a study of available microprocessor chip sets a 

particular choice was made on the basis of speed, signal processing power, 

and basic chip organization (the AMD 2900 series). Several design iterations 

were then made starting with a machine using three separate microprocessor 

CPE's.  In this design each CPE was doing a special purpose task, and was fed 

from separate analog processing circuits. Because of inefficiencies associated 

with memory sharing and access, this design evolved to a two CPE machine with 

the machine physically divided into a transmitter and separate receiver. This 

design also appeared inefficient. Finally it was seen that a single CPE and hard- 

ware multiplier could satisfy all of the signal processing requirements for the 

given algorithms. A complete software study then preceded the detailed logic 

design.  In effect all of the machine code was written or blocked out to verify 

the design.  In spite of our avowed goal of a special purpose vocoder device 

we have in the end designed a rather general purpose structure. The limited 

in-out capability as well as the limited data and program memory are what 

remain of the special purpose device. The end design is based on a single 

microprocessor CPE augmented with a four cycle multiplier.  The basic structure 

is that of a two bus G.P. machine with separate program and data memory as 

shown in Figure 1. 



Ill ■2  130911 

ADR 

SPEECH       FROM ' 
01 JT          MO DEM 

1 

c 
N            MODEM 

)            0 PROGRAM 
MEMORY 
IK   X  48 

DATA 
MEMORY 

1 5K X 16 ROM 
0.5K X 16 RAM 

48 
MOR|      |A/0 S/P 

D/A 1 P/S| 16           / ' 19 'S 
pIR 

i 1 

• 12 •  R DATA 

1 :■ 

ADR 

I* 116 
'6 UP LP . 

t ♦ 
' 16  x 16 

MULTIPLIER 

PROGRAM 
MEMORY 

CONTROL 

4 

CPE t 
'2 MBR |    IM/ 5 MCD MPR 

■ 

16 ' 11 
'16 -16 

STATUS 

10 

LPCM   BLOCK  DIAGRAM 

Fig. 1.   LPCM block diagram. 



II.      LPCM SYSTEM DESCRIPTION 

2.1     Architecture 

The basic block diagram for the LPCM is shown in Figure 1. All 

instructions for this machine are executed in a 150 ns cycle except the 

multiply which requires four machine cycles or 600 ns. The nucleus of this 

system is the CPE which is based on the AMD 2901 microprocessor chip. Four 

such chips are used along with a carry-lookahead chip to yield a 16-bit CPE. 

A simplified block diagram of the 2901 appears in Figure 2. From this 

diagram it can be seen that the chip consists of an ALU capable of add, 

subtract and Boolean operations coupled with an internal 2-port general register 

file consisting of 16 words. Multiplexers at the input of this register file 

permit a 1-bit up or down shift prior to writing the memory. A Q-register 

is provided which allows double precision shifts to be implemented.  Inputs 

to the chip from the outside world consist of two 4-bit addresses for the 

internal register file, control signals and data from external devices such 

as memory or 1/0 devices. The manufacturers' literature should be consulted 

for further details about the 2901. 

Referring again to Figure 1, it is seen that the 16-bit CPE is connected 

to an input and an output data line. The input line is multiplexed between 

6 data sources, the 16-bit memory output register (MOR) of the data memory, the 

12-bit A/D converter, the 8-bit serial-to-parallel (S/P) converter, the 16-bit 

upper and lower products coming from the multiplier and an 11-bit field coming 

from the instruction register. The data memory consists of 2K 16-bit words 

1.5K of which are ROM and contain the various lookup tables needed to implement 

the LPC algorithm. The output of the CPE is channeled to the D/A converter, 
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the parallel-to-serial (P/S) converter, the memory buffer and address registers 

(MBR and MAR) and the multiplicand (MCD) and multiplier (MPR) registers of the 

multiplier. These various output registers are clocked under the control of 

a 3-bit field in the instruction register. 

The multiplier uses the Booth-McSorley algorithm to multiply two 

16-bit two's complement numbers and makes the full 32-bit product available 

to the CPE's input ports in two 16-bit pieces. The multiplier is fabricated 

from the AMD25S05 4x2 multiplier chip. Eight of these are used to construct 

a 16x4 array multiplier which is clocked four times to yield the final product. 

The outputs are fully buffered so that the product may be retrieved from the 

multiplier any time four machine cycles or longer after the start of the 

multiply. The CPE is free to do other tasks in this interval while multiplication 

is taking place. 

The program memory contains IK of 48-bit words.  The output of this 

memory is clocked into a microinstruction register and the memory address 

is derived from the program control logic. The latter is based on the AMD2909 

program sequencer chip, a simplified block diagram of which appears in Figure 3. 

Three of these 4-bit chips are used making it possible to address 4K of program 

memory even though only IK of such memory is needed for the present application. 

The 2909 controller is driven by a 2-bit control line which enables one to 

select the next program address to be either the last address plus one, a jump 

address which comes from the microinstruction register, the latest address on 

the internal stack, or an interrupt address determined by the I/O system. The 

jump logic which drives the control ports of the 2909 allows for unconditional 
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jumps, conditional jumps depending on the status bits coming from the CPE 

and jumps to and returns from subroutines.  Subroutines may be nested up to 

four deep when interrupts are locked out and three deep when they are active. 

The I/O system for the LPCM consists of two input channels, the A/D 

and S/P converters, and two output channels, the D/A and P/S converters. The 

A/D-D/A channels run on a common 129.6 us clock that is derived from the 

150 ns system clock. The P/S and S/P converters run on external modem clocks 

which must have the same nominal frequency (2400, 3600 or 4800 Hz) but which 

may be asynchronous to one another. The I/O channels generate an interrupt 

request whenever their associated clocks present a rising edge to the system. 

This request causes the program control logic to produce a jump to one of three 

predetermined locations in program memory at the first instance the system 

finds itself in a position to allow interrupts. Several interrupts may have 

requests pending at one time; they are serviced in order of their priorities 

which are P/S, S/P and A/D-D/A.  While a given interrupt is being serviced, 

all others are locked out. Upon return from an interrupt service routine the 

software releases interrupt lockout thus enabling the honoring of further 

interrupt requests. 

2.2      Instruction Format 

The format of the 48-bit wide instruction word is shown in Figure 4. 

The instruction word is divided into various fields of varying length the 

functions of which will now be discussed. 

The C , I and I fields determine the basic operation the CPE is to 
o'  s     o r 

perform e.g.,  a<*d t*ie contents of internal register at address A to the contents 
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of the internal register at address B or take the external data presented to the 

chip and logically AND it with the contents of the internal register at 

address A. A list of useful combinations of these fields along with a mnemonic 

for each is given in Appendix A. 

The I, field determines where on the CPE chip the output of the ALU 

is to go. Some examples are: the output of the CPE alone, the output of the 

CPE and internal register file at address B, or the output of the CPE and the 

Q register. 

The IC and OC fields determine where the CPE gets its input and 

where its output is to go,respectively. The IC field steers the input 6-way 

multiplexer to any of the input sources mentioned above and the OC field 

determines which, if any, of the output registers connected to the CPE are to 

be clocked.  The A and B fields simply supply the addresses to the CPE's 

two-port memory and need no further discussion. 

The JPC field along with the R and S fields provides program control 

by means of various kinds of jumps. A complete list of these appears in 

Appendix A. Conditional jumps in the LPCM are somewhat unconventional 

in that the condition on which the jump is to be based must be established in 

an instruction preceding the actual jump instruction by means of the TST field. 

More precisely, if one wishes to conditionally jump, say, based on whether 

one of the CPE's internal registers is zero, then the contents of this register 

must be made to appear at the CPE output with an instruction that also has the 

TST bit set.  This strobes the CPE status into a (2-bit) status register 

which in turn may be tested by a subsequent instruction containing the appro- 

priate jump code. 

10 



The remaining fields are quite straightforward. The F field appears 

directly at the CPE input where it can be used for a constant or a base 

address.  This field also contains the jump address and must be set accordingly 

for each instruction containing a jump.  The SIL and RIL fields are used to 

set interrupt lockout and release interrupt lockout, respectively, and are 

primarily used to prevent interrupts while executing calculations that an 

interrupt could destroy such as an ongoing multiply. The SCY and ECY fields 

are provided to facilitate multiple-precision adds and subtracts. When the SCY 

bit is set during an add or subtract instruction, the carry resulting from 

this operation is saved in a flip-flop. This saved carry can then be used 

in a later add or subtract instruction by setting the ECY bit during that 

instruction. Finally, the HLT bit stops the machine; a feature that is only 

used during debugging operations. The two bits labelled U are unused. 

2.3     Data Memory Addressing 

Addresses for the LPCM data memory must be generated in the CPE 

and then deposited in the MAR. Direct addressing of data memory is achieved 

by having the desired address in the F field of the microinstruction word and 

passing it through the CPE to the MAR.  Indexed addressing can be accomplished 

by having a base address in the F field, adding to it the contents of a CPE 

internal register and depositing the result in the MAR.  It should be noted, 

however, that the contents of the addressed location in data memory are only 

available as a CPE input one instruction cycle after the desired address is 

placed in the MAR.  This is due to the fact that the memory output is buffered 

in the MOR.  Writing data memory is also a 2-step process in the sense that the 

11 



address must first be calculated and deposited in MAR before the datum itself 

may be read out into the MBR. 

2.4     Timing Considerations 

The basic events that must take place in order to execute an LPCM 

instruction are as follows: 

a) program counter assumes desired state 

b) program memory is accessed 

c) accessed instruction is executed by CPE 

It is not possible to perform all three of these operations in the desired 

cycle time of 150 ns so the sequence is broken into two parts by inserting 

the microprogram instruction register after the program memory. This results 

in what is called a doubly-overlapped pipeline structure in which instruction 

fetch takes place in parallel with execution of the instruction fetched on 

the previous machine cycle. This type of pipelining is transparent to the 

programmer of the LPCM. 

The LPCM also employs pipelining in the data memory acquisition path 

and in the jump control path as has been described earlier. This pipelining 

is not transparent to the programmer in that memory addresses and jump conditions 

must be set up sufficiently in advance of the instruction that makes use of 

them.  Experience has shown that careful programming can usually circumvent 

any potential loss of program efficiency caused by these pipelined paths in the 

machine. 

III.     ENGINEERING CONSIDERATIONS 

The present LPCM is a prototype designed to demonstrate that 

12 



a dedicated linear predictive vocoder can be realized both cheaply and 

compactly using off-the-shelf components. Since it is a prototype it was 

decided to use standard 16x7 inch universal wirewrap boards as the packaging 

medium rather than go directly to smaller PC boards. Universal boards 

were chosen because the LPCM uses every standard package size from 14-pin 

to 40-pin in its design. The final design uses 162 DIPS and occupies 

1.5 boards. These figures include all of the analog circuits required before 

and after the A/D and D/A converters.  The power consumption of the device 

is less than 45 watts. A photograph of the completed LPCM appears in Figure 5. 

Appendix B gives a complete compilation of the parts used to fabricate 

the LPCM.  Included in the table are military and commercial cost figures for 

building 1, 500, 1000 and 10,000 processors. These figures are based on the 

extrapolation rules provided by the Narrow Band Voice Consortium Subcommittee 

for estimation of "cost to produce". The figures referring to the packaging 

of the LPCM are estimates of how it could be packaged using PC boards and 

do not reflect the present wirewrap packaging of the prototype. 

IV.      DEBUGGING AND TEST SYSTEM 

4.1     Hardware and Software Debugging Aids 

The LPCM is intended to be a stand-alone device with its control 

program residing in PROM's. During the debugging phase, however, it is nec- 

essary to replace the PROM memory with RAM in order to facilitate program 

changes and allow the running of diagnostic programs.  In addition, it is 

extremely advantageous to have a means for starting and stopping the machine, 

setting breakpoints and examining the contents of data memory and the CPE's 

internal register file. 

13 



Fig.   5. The completed LPCM. 
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The above requirements were met by the design and fabrication of a 

separate unit - the LPCM tester - which is connected to the LPCM by means 

of cables during the debugging phase. The main component of the tester is 

a 1024x48 RAM which effectively replaces the PROM memory destined to reside 

in the LPCM.  In addition, the tester duplicates the AM2909 program control 

chips that are located in the LPCM itself. This was done to minimize both 

the number of control cables between the LPCM and its tester and the tester- 

oriented logic needed in the LPCM. 

The tester's program memory can be loaded in either of two ways; 

a) one register at a time by means of front-panel switches or b) the entire 

memory can be loaded from a host computer. The first mode is useful for 

toggling in small test programs and patching larger programs.  The latter 

mode is used for loading large programs such as the diagnostic system or 

the LPC vocoder program itself. When the tester is connected to the LPCM 

the following control functions are available. 

a. start program at an arbitrary address 
b. stop program 
c. single-step program 
d. stop at breakpoint determined by switches 
e. inspect any location in data memory 
f. inspect any location in CPE register file 
g. inspect/change any location in program memory 

In addition to the above mentioned hardware debugging aids, 

an extensive software diagnostic system was written for the LPCM. This 

system tests the following functions of the LPCM: 

a. RAM portion of data memory 
b. CPE functions 
c. Jump logic 
d. Multiplier 
e. I/O 

15 



4.2     The LPCM Simulator and Assembler 

A simulator for the LPCM was written on a Univac 1219 computer 

so that software debugging could take place in parallel with the fabrication 

of the LPCM hardware. The simulator accepts as its input the binary code 

generated by an LPCM assembler. This assembler was also written on the 

Univac 1219 and is a straightforward two-pass assembler that understands 

LPCM mnemonics and symbolic addresses. Symbolic code is generated using the 

Univac's editor and then fed to the assembler which produces a binary 

output that can be loaded into the LPCM or operated on by the simulator. 

This same binary output was later used to burn in the PROMs that comprise 

the LPCM's program memory. 

The simulator is fairly sophisticated in that it simulates all 

I/O operations including interrupts. This allowed the debugging of not only 

the diagnostic package but the entire LPC vocoder program itself.  In the 

final stages of the vocoder programming, real speech was used as the input 

to the simulator and the synthetic speech output of the program was stored 

on magnetic tape. All computation was done in non-real time but the 

final output tape was then played back in real time to provide convincing 

evidence that the LPCM vocoder algorithm was functioning correctly. This 

indeed proved to be the case for, when the program was finally running on the 

LPCM itself, only a few additional program bugs were found. 

V.       FIRMWARE CONSIDERATIONS 

5.1     The LPC Algorithm 

LPC was first described by Atal and Hanauer in 1971 . Since then 

many variations on this algorithm have appeared in the literature (see 
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bibliography in (2) and (6)). We have chosen to implement the Markel form of the 

LPC algorithm for reasons detailed in (7). 

This algorithm is described in block-diagram form in Figure 6. 

Speech samples taken every 129.6 us are divided into 158-point non-overlapping 

groups corresponding to approximately 20 ms of data. These groups are mul- 

tiplied by a Hamming window and then used to form P+l autocorrelation 

coefficients R ,...R . The parameter P is the order of the filter used to op     r 

model the vocal tract and ranges from 10 at 2400 BPS to 12 at 3600 and 4800 BPS. 

The autocorrelation coefficients are used as the constants in a set 

of linear equations that must be solved to obtain the parameters of the vocal 

8 
tract filter. These equations are solved by means of the Levinson recursion 

which yields a set of P reflection coefficients K ,... 1C,  and a residual 

energy E. These reflection coefficients will be used at the receiver to 

implement the vocal tract filter. The structure chosen for this filter 

is the acoustic tube filter described in detail in (2). The residual 

energy is used at the receiver to generate the amplitude of the excitation 

for the acoustic tube. 

In addition to the processing described above, the raw speech 

samples are fed to a pitch and voicing detector which produces both a 

voiced-unvoiced decision and an estimate of pitch. The particular algorithm 

used for this purpose is the Gold-Rabiner pitch detector which is described 

in detail in (9) and (10). 

The parameters produced as described above are next coded and formed 

into a serial bit stream for transmission to the remote receiver. The receiver 

17 
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portion of the algorithm accepts such a serial bit stream from the remote 

transmitter and unpacks it to form the code book addresses of the various 

parameters. These addresses are then decoded to obtain the actual values of 

the parameters which are then used to implement the acoustic tube filter and its 

excitation. The output of the filter is the final synthetic speech. 

The coding of the parameters, except for pitch which is transmitted 

as is, is accomplished by a logarithmic-search table-look-up routine. The 

residual energy is logarithmically coded to 5 bits. The reflection coefficients 

are coded by means of truncated, log-area ratios.  Each reflection coefficient 

is first clamped to an individually selected interval, transformed by the log- 

area-ratio function (log [(1-K)/(1 + K)]), and finally truncated to the desired 

number of bits. The number of bits used for the individual K's is a function 

of the desired transmission rate. 

5.2      Implementation of the LPC Algorithm 

The LPC program consists of four major pieces, a background program 

that handles all of the computation that need only be performed once per 

frame and three interrupt service routines that handle the computations 

that must be done for each modem clock and each A-D/D-A clock. 

The A-D/D-A interrupt service routine uses the newly arrived speech 

sample to update the current windowed correlation and the six elementary 

pitch detectors.  In addition the acoustic tube filter is updated to produce 

a new synthetic speech sample for the D/A converter.  This approach eliminates 

the need for any substantial buffering of raw speech thus reducing our data 

memory requirements. The reflection coefficients for the acoustic tube are 

interpolated against the coefficients for the next frame every 5 ms and the 
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amplitude is interpolated every time a new pitch pulse is generated.  No 

amplitude interpolation takes place during unvoiced frames. 

The main task of the P/S converter interrupt service routine is to 

pass the coded data produced by the analyzer portion of the program to 

the transmit modem. This is accomplished by loading the first code word into 

the P/S converter and then counting a number of interrupts equal to the known 

number of bits in this word. Subsequent words are then loaded and the 

appropriate number of interrupts counted after each. When a complete frame 

of code words has been serialized in this fashion and passed to the transmit 

modem, the current correlation coefficients are transferred to registers 

used by the background routine, the correlator is reset to start a new 

correlation and a flag is set to tell the background routine to start a new 

frame  calculation using the new correlation coefficients. 

The S/P interrupt service routine receives serial data from the 

receiver modem.  It deserializes this stream into the proper length code 

words using an interrupt counting technique similar to the one used by the 

P/S converter. The code words are then used to access decoding tables thus 

producing the parameters eventually used by the acoustic tube synthesizer. 

These parameters are transferred to the buffer used by the acoustic tube when 

the S/P routine's counters determine that it has received a complete frame 

of new data. 

The deserialization procedure just described only makes sense 

if the S/P routine "knows" where the first code word of a frame is in the 

incoming bit stream. The process of making this determination is known as 

20 



frame synchronization and is another task of the S/P routine. Frame 

synchronization is established by having the transmitter transmit a known bit 

pattern in place of the pitch word during unvoiced utterances. The pattern 

is chosen to correspond to an illegal (too high) pitch so that the receiver 

can still make an unambigous buzz/hiss decision. The frame synchronization 

algorithm now consists simply of searching for this known pattern in the serial 

bit stream as it arrives at the receiver. Synchronization is declared (i.e., 

knowledge of the location of the pitch word) when, and only when, the known 

pattern has been found at the same location in six consecutive frames. When 

this occurs, the S/P routine sets its bit and word counters accordingly thus 

establishing synchronization. 

The final routine to be discussed is the background routine. The 

start of this routine is an idle loop whose sole purpose is to continually 

check the status of the frame ready flag that is set by the P/S interrupt 

service routine. As long as this flag is clear, the program remains in the 

idle loop except for those times when an interrupt arrives and transfers control 

to the appropriate service routine. When the flag is finally set, the program 

drops out of the idle loop and begins its once-a-frame computations. The first 

of these is the final determination of pitch by a routine that examines the 

status of the six elementary pitch detectors and produces a buzz/hiss decision 

and an appropriate pitch. Next, the double-precision correlation coefficients 

are put into a block-floating point format based on R(0) and passed on to the 

Levinson recursion which produces the desired reflection coefficients and the 

residual energy. The latter is unnormalized to remove the scale factor intro- 

duced by the block floating-point routine and then the parameters are coded using 
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the appropriate coding tables. The final code words are placed in a buffer 

where the P/S routine can access them for shipment to the transmit modem. Control 

is then returned to the idle loop.  It should be emphasized that while 

the background routine is calculating, interrupts are active which means 

that the background routine is only actually working in the intervals when 

no interrupt service routine is in progress. 

One final routine should be mentioned and that is the initialization 

routine. This routine starts at program address zero and is only entered 

on power-up or when the initialize pushbutton is pressed.  The main function 

of this routine is to clear data RAM, initialize the few RAM registers that 

require it and finally determine which rate vocoder is desired. The latter 

function is accomplished by sensing a front panel rate-control switch and 

then setting pointers to the proper coding and decoding tables.  In 

addition, if the rate selected is 2400 BPS, the filter order is changed from 

12 to 10. 

VI.      SUMMARY AND CONCLUSIONS 

We have presented the motivation and realization for a microprocessor 

based linear predictive vocoder. The resultant device is an existence state- 

ment for low power, low cost, compact digital realizations of narrow band 

speech terminals.  What began as an exercise in the design of a special 

purpose digital machine for narrow band speech has ended with a general purpose 

two bus structure running at a 150 ns cycle time, using as the basic signal 

processing element four of the AMD 2901 four bit CPE microprocessor chips. 

This basic sixteen bit CPE is augmented by a four cycle hardware multiplier 

to allow for sufficient signal processing power. The design concessions that 
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mark the LPCM as a special purpose machine designed to be a speech terminal 

are: limited I/O capability, and limited data and program memory. The I/O 

bus only communicates with A/D-D/A, parallel-to-serial modem input and 

serial-to-parallel modem output. The LPCM data memory consists of 1536 

locations of 16-bit ROM tables and 512 locations of 16-bit RAM words. The 

program memory consists of IK by 48-bits of ROM of which less than 800 

locations are used.  A priori knowledge of the operating algorithms as well 

as an operating simulator and diagnostics reduced the entire time from design 

to completion to less than one year. The present package requires 162 DIP's 

including audio circuits, dissipates less than 45 watts, and occupies about 

1/3 cubic foot. The operating code occupies the machine for about 65% 

of real time. 

As a prototype device the LPCM specifications are not as tight as 

they might be. Given the 65% utilization, the cycle time can be slowed to 

over 200 ns and power dissipation reduced by roughly 10 watts. The volume 

can be reduced by as much as a factor of 3 if printed circuit boards are 

used, and tighter packaging is designed. 

The overall package count of 162 various sized DIP's includes the 

seven packages of AMD CPE (4) and AMD sequencer (3), about 40 packages of 

memory and memory related circuits, 20 packages for multiplier, and the rest 

for I/O, bus multiplexing, timing, interrupt and branching.  It is clear 

that in terms of power and size the device is not defined by the microprocessor 

chips. The overall machine size is determined by all of the "glue logic" 

and memory packages which swamp out the microprocessor chips.  In fact the 
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memory and memory related packages probably represent a lower bound on 

size and power, in the sense that everything else may shrink considerably, 

but the current memory size and power are relatively static. 
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APPENDIX A:  LPCM Mnemonics 

The following is a compilation of the bit assignments that must 

be made to the fields of the LPCM microinstruction word to achieve various 

functions. Each of these assignments is preceded with a mnemonic that can 

be used when preparing code for the LPCM assembler. The first group of these 

assignments are the so called "op codes" which affect the C , I and I r o  o    s 

fields. The format of the presentation consists of a mnemonic followed by 

a three digit octal number giving the values assigned to C , I and I , 

respectively, followed by a brief description of the operation accomplished 

by the assignment. The result of the operation appears at the internal 

ALU output port. The following notation is used in the descriptions. 

R(A)     contents of internal register addressed by the 
A field. 

R(B)     contents of internal register addressed by the 
B field. 

Q       contents of the Q register. 

D       data at input port of the CPE 

logical and 

!       logical or 

<»»       logical exclusive or 

% logical complement 

It should be noted that all possible operations that the CPE is capable of 

are not included in the following list. 
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ADDAB 001 R(A) + R(B) 

ADDDA 005 D + R(A) 

ADDAB 1 101 R(A) + R(B) + 1 

ADDDA 1 105 D + R(A) + 1 

SUBBA 111 

SUBAB 121 

R(B) - R(A) 

SUBAD 115 R(A) . D 

R(A) - R(B) 

SUBDA 125 D . R(A) 

SUBBA1 Oil R(B) - R(A) - 1 

SUBAD1 015 R(A) - D _ i 

SUBAB1 021 R(A) - R(B) - 1 

SUBDA1 025 D - R(A) - 1 

MOVB 033 R(B) 

MOVA 034 R(A) 

MOVD 037 D 

INCB 103 R(B) + 1 

INCA 104 R(A) + 1 

INCD 107 D + 1 

DECB 013 R(B) - 1 

DECA 014 R(A) - 1 

DECD 027 D - 1 

CSB 123 -R(B) 

CSA 124 _R(A) 

CSD 117 _D 

ANDAB 041 R(A) • R(B) 

ANDDA 045 D • R(A) 

ORAB 031 R(A) ! R(B) 

ORDA 035 D ! R(A) 

XORAB 060 R(A) 0 R(B) 

YORDA 065 D 8 R(A) 

CMPB 023 %R(B) 

CMPA 024 %R(A) 

CMPD 017 %D 

CLR 142 0 
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The next set of assignments concerns the destination field, I,, 
a 

which determines where the output of the ALU is to go. The format is mnemonic, 

one digit octal number and description.  The notations F for ALU output and 

Y for CPE output are used in the descriptions. 

Q 0 F-Q, F-Y 

Y 1 F+Y 

RAY 2 F+R(B), R(A) -► Y 

R 3 F+R(B),  F + Y 

SDD 4 double precision down shift 
[F,Q]/2 + [R(B),Q] 
F-+Y 

SD 5 F/2-*R(B),     F + Y 

SUD     6 double precision up shift 
[F,Q]*2+[R(B),Q] 
F-+Y 

SU       7 F*2-eR(B), F-+Y 

The next set of assignments concerns the IC field which controls 

the input multiplexer to the CPE. The format is mnemonic, one digit octal 

number and description. 

serial-to-parallel converter 
A/D converter 
bits 0-15 of the product 
bits 15-30 of the product 
memory output register 
11 bit instruction field 

The clocking of the various registers connected to the output of 

the CPE is controlled by the output control field OC. The format is the same 
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LP 2 
UP 3 
MOR 4 
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NIL 0 
MAR 1 
MBR 2 
MCD 3 
DAC 4 
PS 5 
MPR 6 

as for the input control field. 

clock nothing 
clock memory address register 
clock memory buffer register 
clock multiplicand register 
clock D/A converter buffer register 
clock into P/S converter 
clock multiplier register and start 

multiply sequence 

The final group of assignments concerns the jump control fields, 

JPC, S and R.  The format is mnemonic, three digit octal numbers giving 

the assignment to the JPC, S and R fields, respectively, and a description. 

no jump 

unconditional jump 

jump if positive or zero 

jump if zero 

jump if negative 

jump if not zero 

jump if switch w on 

jump if switch v on 

unconditional jump to subroutine 

jump to subroutine if positive or zero 

jump to subroutine if zero 

jump to subroutine if negative 

jump to subroutine if switch w set 

jump to subroutine if switch v is set 

return from subroutine 

NIL 000 
.IP 100 

JPZ 200 

JZ 300 

JN 400 

JNZ 500 

JSW 600 

JSV 700 

JPS 110 

JPZS 210 

JZS 310 

JNZS 410 

JSWS 610 

JSVS 710 

SBR 101 
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APPENDIX B:  LPCM Specifications 

Cycle Time 150 ns 

Basic Logic family     TTL Using low power Schottky TTL 

in AMD chips, high power Schottky where necessary in critical paths. 

Program Memory (R.O.M.)  IK x 48 bits   12 - MMI 6351 (1KX4) 

Data Memory (R.O.M.)    1536 x 16 bits  4 - MMI 6351 (lKx4) 

2 - FCLD 93448 (512x8) 

Data Memory (active)    512 x 16 bits   8 - FCLD 93442 (256x4) 

Hardware Multiplier     One quarter of an array operating in 150 ns 

4x16 multiply 8 - AMD 25S05 (2x4) 

Basic C.P.E. 4 - AMD 2901 (4 bit slice) 

Microsequencer 3 - AMD 2909 (4 bit slice) 

Audio Conditioning      12 bit A/D, D/A conversion at 129.6 usec samples. 

Input Filter 8th order, elliptic filter 52 dB stop band attenuation 

1.2 dB ripple, cutoff at 3596 Hz. 

Output Filter 8th order, elliptic filter 41 dB stop band attenuation 

0.2 dB ripple, cutoff at 3596 Hz. 

Total DIP Count        162 

Total Power Dissipation  45 watts 

Construction Technique  Two universal wire wrap boards (50% of 2nd board unused) 

7"  x 16" 

center plane voltage 

two outside planes ground 
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